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"WIRELESS TELEPHONE WITH SPECTRAL SPREAD IN SAMPLED VOICE" 
Technical Field 

This patent refers to an invention and innovations introduced in the 
transmitter and receiver of equipment that transmit analog signals by radio 
frequency, applicable to any analog signal communications system by radio 
frequency but in particular, to wireless phones and wireless PABX, in which said 
patent enables a greater range of communication combined with raw material costs 
reduction. 

This patent consist of a new concept in transmitter and receiver of 
analog signals called "Spectral Spread In Sampled Voice" which when used in 
wireless phones and wireless PABX converts them into wireless equipment with 
spectral spread in sampled voice, allowing them substantial superior range. 
Background of the Invention 

In relation to what is known in prior art, therie are basically 4 types of 
wireless phones at present: analog with frequency modulation, conventional digital, 
digital with spectral spread, and analog with spectral spread. 

Laws in several countries where analog phone with frequency 
modulation, and conventional digital phone is allowed, limited to a maximum 
transmission power much lower than what is allowed for the spectral spread phone 
(analog or digital), which is the case of Brazil, where maximum EIRP (effective 
isotropic radiated power) for an analog phone with frequency modulation is 1.25 
dBm, while for systems with spectral spread, the maximum can be up to 36dBm. 
The wireless phone, object of this patent, although in a different form, will use 
spectral spread and therefore, transmit the same power levels permitted for spectral 
spread phones. However, as sensitivity of wireless phone receiver proposed (using 
spectral spread in sampled voice) is quite close to a conventional analog phone, 
which is better than that of the conventional digital, the proposed phone will allow 
range higher than that of analog and digital conventional phones. 

In digital phones with spectral spread, the voice signal is digitized 
before spectral spread. This provokes delays b/w the signal transmitted and 
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received, creating the need for an echo canceling circuit at the base (part of the 
wireless phone that connects to the telephone line). Also, digital phones with 
spectral spread usually have reception sensitivity below that of analog phones. The 
wireless phone, object of this patent, by using transmitters and receivers in the 
5 spectral spread in sampled voice conception does not need an echo canceling 
circuit, which gives it considerable cost reduction and better reception sensitivity 
(close to that of analog phones). We can summarize that communication range 
obtained by the phone of this patent occurs due to the fact that transmission is done 
at a greater power (using spectral spread) and for keeping receiver sensitivity at 

10 levels close to those of receivers with frequency modulation. 

The analog phone with spectral spread in the market has range close to 
that of the wireless phone of this patent but as transmission is in 100% of the time, 
there is high battery consumption leading to use of bigger and more expensive 
batteries. In addition, transmission and reception is done in different frequencies 

15 requiring two duplexers (which leads to higher costs), or using very distinct 
frequencies such as 900MHz and 2.4GHz to separate reception transmission. 
Technical Problems and objects of the Invention 

In the wireless phone, object of this patent, the audio signal 
transmitted is sampled and each sample is transmitted at a very short time interval, 

20 allowing the transmitter to stay at high power for a short time, increasing battery 
life, or allowing transmission at higher , resulting in wider range. Another 
advantage of the wireless phone - object of this patent is that there is no need for 
duplexers or the transmission of distinct bands as the system is half-duplex and the 
transmission frequency can be the same as of reception. 

25 Description of Drawing Figures 

Objectives, advantages and other important characteristics of the 
invention patent can be more easily understood when read with the attached 
Figures: 

Figure 1 represents diagram in sections of portable wireless phone 
30 with spectral spread in sampled voice. 
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Figure 2 rq)resents a diagram in sections of the base of the wireless 
phone with spectral spread in sampled voice. 

Figure 3A represents a diagram in sections of the transmitter used in 
the wireless phone with spectral spread in sampled voice. 

Figure 3B represents a diagram of the signal transmitter used in the 
wireless phone with spectral spread in sampled voice. 

Figure 4A represents a diagram in sections of the receiver used in the 
wireless phone with spectral spread in sampled voice. 

Figure 4B represents a diagram of the signal receptor used in the 
wireless phone with spectral spread in sampled voice. 

Figure 5 represents an autocorrelation graph of a sequence code of 
maximum length equal to N chips. 

Figure 6 represents in (a) a graph of an 7-chip Pn with Tpn=7us 
transmitted at every 112us; (b) signal frequency spectrum of (a); (c) two PNs of 7 
chips with Tpn=7us transmitted every 112us; and (d) signal frequency of spectrum 
(c). 

Description of Preferred Embodiments 

As can be seen in the annexed figures illustrating and integrating the 
descriptive report of the invention patent - "Wireless phone with Spectral Spread in 
Sampled Voice" in figures (1) and (2), the invention is presented in a general form, 
including improvements introduced directly into the transmitter and receiver 
sections on the portable base to create a differentiated conception called "Spectral 
Spread in Sampled Voice" 

The general conception of the wireless phone with spectral spread in 
sampled voice can be fiiUy understood through transmitter sections diagram as 
shown in figure (3 A), through signals transmitter diagram - figure (3B), showing 
the wave lengths obtained at each point indicated in the transmitter section diagram 
of figure (3 A). 

Thus, it is seen that the audio signal to be transmitted is sampled by a 
sample-and-hold (S/H) circuit at a sampling rate controlled by the signal frequency 




present at the clock input which, as example, can be about 8 kHz. In sync with the 
sampling signal, the pulse generator generates a square pulse whose "duty cycle" 
represents the relation b/w transmission time and available time for reception. The 
S/H signal is then multiplied by the pulses from the generator in such a manner that 
5 in the multiplier output (A) there will only be sampled audio signal during the pulse. 
The multiplier output signal (A) is then injected into the VCO tuning input (voltage 
controlled oscillator) making its output a modulated frequency carrier. The PN 
generator generates a pulse sequence (chips) whose amplitude can assume two 
levels, plus one or minus one. This PN is multiplied by the pulse generator and 

10 therefore at the multiplier (B) output there is an intermediary PN, i.e. existing only 
during transmission time. This signal is filtered by a band pass filter and multiplied 
by the modulated carrier in FM, generating a BPSK signal during the pulse duration 
(out of pulse time there is no carrier transmission), whose wave width will be 
determined by the duration of each chip once the duration of each chip is quite 

15 lower than the transmission pulse time. The filter's fimction is to limit the PN in 
band, i.e. to filter high frequency components in such a manner as to maintain the 
signal spread at the transmitter output within ±1/Tc, where Tc is the duration of 
each PN chip. The output signal to be transmitted only exists during the 
transmission pulse of the carrier (VCO signal) and the earner is with spectral 

20 frequency spread digitally by the PN Generator through BPSK modulation. 

The general conception of the receiver in the wireless phone with 
spectral spread in sampled voice can be fiiUy understood through the receiver 
sections diagram, as shown in figure (4A), and through receiver signals diagram - 
figure (4B), showing the waves obtained in simulation at several indicated points on 

25 the sections diagram of the receiver - figure (4 A). 

Thus, the receiver has an intemal PN generator that generates three 
sequences, PNE, PNL and PNi. This last one in sync with PN within the signal 
received called PNrx. This synchronism is done by the circuit called DLL (delay 
locked loop). PNE (E for Early) and PNL (L for late) are exact replicas of PNi, but 

30 PNE is advanced by half a chip in relation to PNi, and PNL late by half a chip in 
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relation to PNi. 

Functioning of the DLL is easily found in literatures on spectral 
spread systems. However, to allow for better understanding of how the receiver 
with spectral spread in sampled voice fimctions, it will be explained in detail. It is 
5 important to point out that nothing impedes receiver synchronism with spectral 
spread in sampled voice when used in wireless phone - object of this patent, by 
another type of synchronism circuit 

DLL functioning is based on behavior of the PNs autocorrelation 
function. PN is a maximum sequence code whose autocorrelation presents the 

10 behaviors shown in figure (5). The PN autocorrelation, when |x|>lchip (phase 
difference greater than a chip), is always constant with value equal to minus one. 
When T = 0 (phase signal), autocorrelation value is maximum and equal to the total 
number of PN chips . When -l<t<l, i.e. when the difference of phase b/w signals is 
within the range of plus one or less one chip, the autocorrelation value varies 

15 linearly due to t. It is also observed in the figure (5) that the autocorrelation value is 
the same for t = Vi chip and for x = - 14 chip. For that reason the PNi generator also 
generates PNE and PNL signals. When PNrx is in phase with PNi, PNrx is delayed 
by half chip (x = -1/2 chip) in relation to PNE and advanced by half chip (x = V^ 
chip) in relation to PNL. This is the only condition (considering the range -l<x<l) 

20 in which the output levels of the two bands pass filters of the DLL present the same 
output level. It is also the DLL stabilization condition, i.e. the DDL condition it 
should be in when the receiver is ready for reception. This condition is commonly 
known as lock in PLL (phase locked loop) circuit analogy. 

When PNrx is not in phase with PNi but the phase difference phase is 

25 within more or less one chip, this means that PNrx is either less dephased from PNE 
or more dephased from PNL, or otherwise. That, therefore, means that the output 
band pass filter levels of the DLL will be different and at the output of the adder 
there will be a signal of error that will increase or decrease the frequency of the 
VCO clock, advancing or delaying PNi, PNE and PNL in relation to PNrx to force 

30 correlation b/w PNrx and PNL equal to correlation b/w PNrx and PNE (PNE 
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advanced by V% chip and PNL delayed by Vi chip, both in relation to PNrx) and 
when that happens, the lock state is reached, the band pass filters output level of the 
DLL shall have the same value, generating an error signal equal to zero. The DLL 
will act as if in lock and will not try to put PNrx in phase with PNi. In that case, 
5 what took place is a false DLL lock. To know if the lock is real or false, verify 
correlation b/w PNrx and PNi. When the lock is real, correlation is maximum and 
band pass filter output level of the despreader is maximum. When the lock is false, 
it is minimum and the filter output is minimum. 

As soon as the receiver is connected, despreader output shows a 

10 voltage level that varies according to the degree of correlation b/w PNrx and PNi. 
As the communication channel, at first, introduces an unknown delay at PNrx, it is 
not possible at first to determine the difference in phase b/w PNrx and PNi. When 
the dephasing b/w two signals exceeds the range by more or less one chip, 
correlation b/w the two signals is minimum and the despreader output is minimxim. 

15 When dephasing is zero, correlation b/w these signals is maximum and the output 
level is maximum. If the difference in phase b/w signals is of more or less 14 chip, 
the correlation value b/w the signals is of 50% the difference b/w minimum and 
maximum correlation. That means that the despreader output level will also be half 
the difference b/w the greater and the lower output level. This level is called voltage 

20 threshold (Vt), and applies to a voltage exactly equal to this one at the input 
reference of the voltage comparator. The other input of the comparator will receive 
output signal fi-om the despreader. Thus, when dephasing b/w PNrx and PNi 
exceeds the range of more or less chip, the comparator input levels is less than Vt 
and the output voltage of the comparator stays at low level. When dephasing b/w 

25 PNrx and PNi is within the range of more or less 54 chip, the comparator input level 
is greater or equal to Vt and the output voltage of the comparator goes to high level 
(one). The great issue now is how to force the system for the dephasing b/w PNrx 
and PNi to stay within the range of more or less V^ chip for the DLL to reach lock 
state. The solution was to create a delay of one chip in PNi, PNL and PNE in every 

30 sampling while comparator output is zero. Thus, when dephasing b/w PNrx and PNi 
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is of various chips, the PN generator will be reducing this dephasing by one and one 
chip every sampling period, until reaching dephasing within range of more ort less 
V% chip. When that occurs, the output level of the tension comparator goes to high 
level and the PN generator stops creating one-chip delays. At that moment, DLL 
5 starts to act in VCO frequency until lock state is reached, i.e. until the phase 
difference b/w PNrx and PNi is kept next to zero. 

Three distinct states of the receptor can be defined: acquisition, 
tracking and lock. In sequence of receptor functioning, the 1^ state is acquisition, 
the state of reception start, when dephasing b/w PNrx and PNi exceeds range of 

10 more or less chip, the PN generator is creating one chip delays every sampling 
period and output voltage of comparator is zero. Tracking occurs next when 
dephasing b/w PNrx and PNi is within more or less Vi chip, comparator output goes 
to high and PN generator stops one chip delay. Lock comes next and then PNi 
follows within given limitations, PNrx phase variations to keep dephasing b/w these 

15 signals close to zero. In this last stage, receiver is ready to receive valid info. As 
soon as it enters lock at despreader output, carrier is received in FM as BPSK 
modulation responsible for spectral spread was removed at PNi multiplication. At 
output of despreader there is a pulsated carrier, with each pulse containing different 
frequency proportional to audio signal transmitted Applying then this signal to FM 

20 demodulator, we have its output with pulses of varying amplitude with input carrier 
frequency as shown in figure (4B). This signal is then sampled by a sync signal 
removed from the information on zero dephasing b/w PNrx and PNi, information 
present at the output of the detector involving the despreader output. The output 
signal of the Sample and Hold is then filtered and the audio restored. 

25 The fimctioning of the wireless phone as a whole can be easily 

understood in Figures 1 and 2 and the explanations that follow. It is important to 
point out that the different conception proposed by this patent for transmitter and 
receiver sections with communication synchronism b/w base and portable, i.e. 
portable only transmits when the base is receiving and vice versa. 

30 On the portable, as shown in figure (1), voice is converted to 
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electrical signal by mic. The Tx audio processors receives the signal and processes 
as a common analog phone, i.e. amplifies, adds pre-emphasis due to FM, limits 
frequency band through band pass filtering and compresses compoimder part that 
transmits for noise reduction and sends signal to transmitter with spectral sampled 
5 voice spread. The output signal of the transmitter goes to the power amplifier, 
which simply amplifies the RF signal to suitable transmission level and sends it to 
Tx/Rx key, which during the transmission connects the antenna to output and during 
reception, connects antenna to down converter input. 

RF signal transmitted by base reaches portable's antenna, which 

10 through Tx/Rx, directs it to down converter. The down converter amplifies this 
signal with the low noise amp., converts through frequency beat known as 
intermediary frequency or simply FI and limits its amplitude in such manner to keep 
constant output. The signal is then delivered to receiver with spectral spread in 
sampled voice. The receiver delivers the restored voice signal to the Rx audio 

15 processors, which amplifies, adds Deenphase (due to FM modulation) and expands 
(compounder part acting in reception to reduce noise). Then the signal is delivered 
to the speaker to be heard by user. 

On the base, as shown in Figure (2), the voice signal from the phone 
line enters the hybrid, circuit which transforms two-way communication into one 

20 and vice-versa, which directs signal to Tx audio processor, which deUvers processed 
sampled voice to the spectral spreader transmitter. The RF signal from the 
transmitter will be sent to the power amp. For the suitable level increase and deliver 
to Tx/Rx key, which at that moment will be at Tx position. Finally, through Tx/Rx, 
TF signal reaches antenna, which will transmit to portable. 

25 The RF signal transmitted by portable reaches base antenna and 

through Tx/Rx, is directed to the down converter. The output from it is delivered 
improved to receiver. The receiver delivers the restored voice signal to Rx audio 
processor. Rx audio processor sends the processed signal to the hybrid which directs 
most of it to the phone line and a small part of same signal to the Tx processor 

30 which returns the signal to the portable together with signal from the line, allowing 
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the user to hear in lower volume his own voice. As time delay of retum signal in 
relation to signal arriving is in hundreds of micro seconds (because of clock 
frequency of transmitter being at SkHz), it is not noticed by the user and there is no 
need for an echo circuit usually built with DSP (Digital Signal Processor). 
5 There is a relation b/w transmission time (Tp) and the total duration of 

FN (Tpn) for power distribution of transmitted signal to be kept as (sine (x)/x)^ , 
This relation shall be Tp>2 Tpn. If this relation is not maintained, there will be 
higher power concentration in some specific frequencies. This goes against one of 
the greatest advantages of spectral spread, which is to reduce spectral power 

10 density. Figure (6) shows transmitter output signals in the domains of time and 
frequency being (6a) and (6b) when Tp=Tpn, which escapes the rule mentioned 
above and (6c) and (6d) when Tp = 2Tpn which obeys the abovementioned rule. It 
is seen that tiie corresponding spectrum, as shown in item (d) of figure (6) shows 
the form (sine(x)/x)^, and has maximum spectral density lower than item (b) figure 

15 (6). 

Brazilian norm regulating the use of spectral spread system is annexed 
to resolution 305, of July 26, 2002. According to it, maximum transmission power 
shall be seen imder 3 aspects: maximum peak power of the transmitter must not 
exceed one watt (30dBm); maximum EIRP shall not exceed four watts (36dBm); 

20 and peak power density in any range of 3KHz during any interval of time of 
continuous transmission, shall not be higher than 8dBm. 

As demonstration of the transmitter and receiver potential with 
spectral spreader in sampled voice proposed, applied to a wireless phone called 
"Wireless Telephone Equipment with Spectral Spread in Sampled Voice", object of 

25 this patent, a system was simulated (transmitter and receiver) with the following 
parameters: band width of transmitted signal of 1.1 MHz, PN sequence chips rate of 
550.96 Mcps. Transmission time of 54.45 micro sees, reception time of 68.97 
micro-sees, voice sampling period - 123.42 micro-sees, PN sequence length of 15 
chips, max. sequence PN, two pulse transmission PNs, despreader filter bandwidth 

30 - 73KHz, maximum carrier deviation - 18kHz and processing gain - 12dB. The 
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result of the simulation showed that it would be possible to transmit a peak power of 
25. 3 dBm respecting all Brazilian standard limits. It also showed that receiver 
sensitivity was only 7 dB worse than that of a conventional analog FM receiver. 
Considering a 3dBi antenna, max. EIRP will be 31.3dB while the analog wireless 

5 phone of 900MHz band, maximum EIRP allowed is -1.25dBm, i.e. this system 
allows transmission by 32.55 dB more. As there was degradation of sensitivity of 
7dB, it can be easily concluded that this system allowed improvement of 32.55 dB - 
7 dB, i.e. 25.55 dB. Considering, free space propagation, it can be concluded that 
this system (transmitter and receiver) when included in a wireless phone, as shown 

10 in figures (1) and (2) to make up the "Wireless Telephone Equipment with Spectral 
Spread in Sampled Voice", object of this patent, allows for achieving 
communication b/w Base and Portable 18.9 times greater than analog phones with 
frequency modulation. 

15 



